Abstract-We compare some block equalizers for singlecarrier satellite systems subject to hard propagation conditions such as high Doppler spread, non-line-of-sight (NLOS), and nonnegligible multipath fading. These impairments are relevant when the very high speed of a mobile receiver forces to use a nondirectional antenna. First, we compare low-complexity timedomain and frequency-domain block equalizers. Then, we propose a novel frequency-domain equalizer based on a fast Fourier transform (FFT) with size higher than the length of the processed block. Thanks to the increased frequency resolution, the proposed equalizer yields improved performance with respect to the conventional frequency-domain equalizer. Simulation results validate the effectiveness of the proposed technique.
I. INTRODUCTION
Satellite transmissions to mobile receivers are becoming more and more common, not only in the frequency bands commonly used in the past (S-and L-band), but also in the Ku-band (10) (11) (12) , where a direct line-of-sight (LOS) to the satellite is normally required. In this context, directive antennas are usually adopted for Ku-band communications. Anyway, mobile and portable receivers cannot carry bulky highly-directional antennas, such as dish or phased array antennas. In this view, many researchers and companies are intensively working to develop smaller and flat antennas for satellite receivers, such as cars, buses, and trains, in Ku and Ka bands.
However, the reduced size of mobile receivers forces the antenna gain patterns to have a wide main beam (up to 30°-40°) and non-negligible side beams, with a consequent reception of multipath signals produced by reflection and scattering due to surrounding objects. In addition, in case of receivers with high mobility, it is easier to steer a low directive antenna in the satellite direction, since its wide main beam can tolerate a lower precision in the pointing direction. On the other hand, deliberate mispointing failures (e.g., in many cases the elevation angle is kept fixed) may also introduce additional multipath, i.e., non-LOS (NLOS) reception. Multipath propagation may be experienced also in case of unobstructed LOS reception, due to high levels of humidity in the atmosphere, e.g., in case of clouds, rain or snow. For instance, the effect of rain is shown in [1] for a Ka-band terrestrial link. As a consequence of these multiple propagation paths, the receiver can benefit from channel equalization, even for single-carrier satellite signal reception at high operational frequencies, like the Ku-band.
In this paper, we consider equalization techniques that are capable to handle both multipath propagation due to nondirective antennas and Doppler spread due to receiver motion. As a reference scenario, we consider the Digital Video Broadcasting -Satellite (DVB-S), and more specifically the DVB-S -Second Generation (DVB-S2) standard [2] . Although the DVB-S set of standards, DVB-S, DVB-S2, and DVB-RCS (return channel via satellite), working in the Ku and Ka bands, was not initially meant for mobile receivers and transmitters, work is in progress in adapting these standards to mobile communications [3] . For example, DVB-RCS is currently under revision in the DVB Forum to enable its operation in mobile terminals. In addition, in February 2007, the DVB steering board approved some specifications of a new standard, called DVB-SH (Satellite services to Handheld), to enable satellite broadcasting services to portable and handheld devices. However, we warn that the chosen scenario is not crucial to the effectiveness of the proposed equalization approaches, which could potentially be used in any other single-carrier satellite system for handheld scenarios.
We herein consider block linear minimum mean-squared error (LMMSE) equalizers that exploit soft interference cancellation to remove the multipath effect of the previous equalized block. We show that, under a computational complexity constraint, frequency-domain (FD) equalizers generally outperform time-domain (TD) equalizers. We also propose a novel FD-like equalizer based on a fast Fourier transform (FFT) with size higher than the length of the processed block. Simulation results illustrate that the proposed equalizer leads to improved performance with respect to conventional equalizers.
II. SYSTEM MODEL
We briefly summarize the physical layer of the DVB-S2 standard [2] . The data are parsed in frames, each one of length 1440 D = symbols. We denote with d the 1 D × vector that contains the data symbols of a generic frame. In [2] , two transmission configurations are possible, either with pilots or without pilots. Since we are dealing with time-varying channels, we assume that pilots are transmitted, so that the receiver can update its channel estimate. Hence, we assume that a known pilot block p , of length 36 P = symbols, is periodically inserted between two consecutive frames [2] . We also assume QPSK, i.e., each element of d is drawn from a {( 1 ) / 2} j ± ± constellation, with covariance 
where S T is the sampling period. Throughout the paper, we assume that the channel amplitudes are complex Gaussian distributed with either a zero or a non-zero mean, i.e., either NLOS or LOS propagation, giving rise to Rayleigh or Rice fading, respectively. We also assume that the maximum delay spread L is smaller than or equal to the pilot duration P . This implies [ , ] 0 h n l = when l P > . By assuming time and frequency synchronization at the receiver side, the input-output relation can be expressed by
where y is the received block of size D P + , H is a lower triangular square matrix of dimension D P + that represents the channel, with element in position ( , ) n l defined by
, i contains the interference from the previous block due to the channel delay spread, and n is the additive white Gaussian noise (AWGN) vector with covariance
. In this paper, we assume that the channel [ , ] h n l is perfectly known to the receiver. In practice, [ , ] h n l should be estimated, for example, by exploiting the known pilot symbols [4] . We also assume that the interference from the previous block is known and perfectly compensated for. This assumption is realistic because L P ≤ : hence i depends only on the pilot block p , which is known, and on the channel [ , ] h n l , which is assumed known. As a consequence, i can be reconstructed and subtracted. For our scopes, we can simply assume that = i 0 in (2). We do not consider the interference induced by channel estimation errors, which will be subject of future investigation.
Channel equalizers can be grouped into two broad categories: serial equalizers and block equalizers. The difference between these two classes is that serial equalizers estimate each transmitted symbol individually, whereas block equalizers jointly estimate a group of consecutive transmitted symbols. In this paper, we consider block equalization methods. Therefore, some of the data contained into the unknown vector d are estimated jointly. Since the dimension D of d is quite high, to reduce the memory requirements, we design block equalizers that estimate a subblock of d with smaller dimension. Specifically, the transmitted block d is parsed into M equal-length subvectors
is defined as ( 1) [
Due to the finite support of the time-varying channel impulse response in (1), which translates into a banded matrix H in (2), only a limited number of elements of the received vector y contain information about a specific subblock [ ] m d
. We can collect these useful elements in an (
expressed by ( 1) [
where ( 1) 
is a vector of length N P + , where first 1 :
, represents the first P samples that belong to the "future" data subblock, i.e., that with index 1 m + , 
is the ( ) N P P + × matrix that models the channel seen by the past data, and ( 1) [
is the AWGN contribution on the considered block. We observe that in (5), similarly to (2) we also have an
, expressed by (8) . However, differently from (2), in this case the interference depends on the previous data subvector
, which is unknown. As a consequence, this type of interference, called interblock interference (IBI), cannot be neglected. Equations (5) and (7) 
where C is a positive constant. We use the hyperbolic tangent because it allows to tune the soft estimation, which tends to hard estimation for C → +∞ . By using the last part of
The model of (13) can now be used to design TD and FD LMMSE equalizers.
A. Time-Domain LMMSE Equalization
From (7) value of P , which can be interpreted as the maximum length of the multipath channel. As a result, the complexity of the direct implementation of (14) is at least cubic in P .
The is small when the neglected paths have small energy, as it happens for channels with decaying powerdelay profiles. However, the performance loss also depends on the number of neglected paths, since each path contributes individually to the frequency-selectivity of the channel. In Section IV, we will use simulation results to quantify the BER penalty caused by this channel mismatch.
B. Frequency-Domain LMMSE Equalization
An alternative is to design the LMMSE equalizer in the FD. 
Taking into account the cost of the FFT processing, the computational complexity of this FD approach is roughly
, and consequently depends on the chosen parameter Q . Intuitively, the integer parameter Q should be chosen proportionally to the maximum channel
is not perfectly banded, we are not constrained to select a specific value of Q , which can be kept small to reduce the overall complexity. Interestingly, also the extreme choice 0 Q = is possible, leading to a diagonal linear system in (21).
C. Interpolated Frequency-Domain LMMSE Equalization
Both TD and FD equalization of single-carrier systems are quite common approaches, especially for time-invariant channels [4] [9] . In this subsection, we propose a new version of the FD LMMSE equalizer that is based on an FFT of size U , with U N P > + . The motivation of using a higher-size FFT is the increased frequency resolution, which can be exploited in the equalization step. This finer resolution can lead to smaller values of Q to obtain a given performance. Since the complexity of FD equalizers is linear in the FFT size and quadratic in Q , the reduction of Q can balance the increased FFT size. We call this specific frequency domain as interpolated frequency domain (IFD). Moreover, we define approximation, we consider the IFD noise as white:
Therefore, we have (log )) O MU U Q + , which looks higher than that of the FD equalizer. However, we have already underlined that, for a given performance, in the IFD case the parameter Q could be smaller than in the FD. Moreover, to keep the approximation (25) reasonable, U should not be much bigger than N P + . Since the complexity is quadratic in Q and linear in the FFT size, which equalizer is less complex depends on the specific choice of the various parameters.
We observe that an FD equalizer based on a higher-size FFT has been independently proposed in [10] , which proposes a TD window design that reduces the effects of the Doppler spread. Our main difference with [10] is the different parameterization of the channel matrix if [ ] m H in (23). In addition, since we do not consider TD windowing, our approach is independent from the channel statistics, i.e., our equalizer does not require the knowledge of the power-delay profile and of the Doppler spectrum of the channel.
It is worth noting that, due to the zero padding of the TD channel matrix in (23), we created an artificial discontinuity of the time variability of the channel. Therefore, we expect that the channel matrix if 
in (18). However, the increased resolution due to the higher FFT size can potentially balance the increased band approximation error. Therefore, we will resort to simulation results to assess the performance-complexity comparison among the various equalizers.
IV. SIMULATION RESULTS
We compare by simulations the BER performance of the different equalizers described in Section III. To be compliant with [2] , we set 1440 D = , 36 P = , the symbol rate S 27.5 f = MHz, and the carrier frequency C 12 f = GHz. The data constellation is QPSK. To the best of the authors' knowledge, a complete characterization of the multipath phenomenon for Ku-band communications is still absent. To overcome this kind of problems, usually researchers try to infer the channel parameters from measurements done in adjacent bands. For instance, the authors of [11] exploit channel measurements in the L-band to characterize the channel behavior in Ku-band. Therefore, we follow a similar approach, and exploit the multipath characterization obtained in [12] for the L-band. We assume that the channel has an exponential power-delay profile, with rms delay spread 0.145
µs, truncated to a maximum of 12 L = channel paths. We also assume a Jakes' Doppler spectrum shape with maximum Doppler spread
, where V is the mobile speed and 8 3 10 c = ⋅ m/s is the speed of light. When a LOS component is present, we assume that this LOS is time invariant, and that its temporal position coincides with that of the first NLOS component. We denote with K the ratio between the power of the LOS component and the sum of the NLOS components' powers. At the receiver side, the parameter used in (11) for soft cancellation is 5 C = . This produces a big cancellation of the soft data, because tanh( ) Cx Cx ≈ for small x . For all the receivers (except for the TD equalizer that uses all the taps), we have inserted a regularization parameter to prevent an excessive amplification of the approximation error at high signal-to-noise ratio (SNR). Therefore, the noise variance used in the equalizer has been chosen ad hoc, using the rule-ofthumb To compare the complexities of the different equalizers, we define F as the average number of complex operations per symbol. A detailed analysis similar to that in [7] , which is the closest power of two greater than 216 N P + = , has been selected. Fig. 1 for the IFD equalizers. This means that, at high SNR, IFD equalizers are preferable. At low SNR, both FD and IFD equalizers have similar performance. It is also worth noting that an increase of Q produces a relatively small performance gain, compared to the complexity increase. Fig. 2 displays the BER as a function of the mobile speed V . For all the detectors, the BER is almost independent of V . This means that the considered equalizers can be adopted also when the mobile speed is very high. However, a higher speed increases the time variability of the channel, and consequently the channel estimation errors (not considered in this paper) should be more relevant. Fig. 3 exhibits the BER in Rician channels as a function of the Rice factor K . It is worth noting that the performance difference between the FD and the IFD equalizers increases with K . This can be explained as follows. In the Rice case, the BER floor of FD equalizers, despite lower than for Rayleigh channels, starts at a lower SNR. This early-SNR floor effect, which is more evident for increasing K , partially reduces the FD performance gain given by the Rice factor. On the contrary, IFD equalizers do not experience any early floor.
In the second set of simulations, we compare performance and complexity as a function of the number of subblocks M . The IFD parameter U is chosen as the closest power of two greater than N P + . Fig. 4 shows that the performance of TD and FD equalizers have a small sensitivity to the choice of the number of subblocks M . On the contrary, the IFD equalizers are more sensitive to the choice of M . High values of M , which are related to a small memory size, tends to degrade the performance. Furthermore, the computational complexity, illustrated in Fig. 5 , is almost independent from the subblock size. Indeed, the banded equalizer herein considered have linear complexity in the subblock size, and hence the complexity per symbol is approximately constant with M .
V. CONCLUSIONS
We have investigated some equalization strategies for single-carrier satellite communications systems in the presence of multipath propagation and significant Doppler spread. Both LOS and NLOS scenarios have been considered. IFD equalization seems to be a promising approach to enable handheld satellite communications. These results should be confirmed by further studies, which could benefit from powerdelay profiles obtained from measurements in the Ku band. In addition, the impact of practical channel estimation techniques is currently under investigation. 
